Frequency measurement is an important issue in electrical engineering. Electric power systems have become increasing complex over the last decade. The use of distributed generation, the connection of non-linear loads and the presence of unexpected system faults are the main causes of frequency variations. In addition, power quality includes frequency as an important index. From a hardware instrumentation point of view, frequency measurement has different requirements:
Introduction
Most power system experts do not consider frequency variation as an important topic because it is rather difficult to find large frequency variation in continental power networks. However, from the point of view of the instrumentation design, some instrumentation devices used to register power quality disturbances exhibit a great sensitivity to small frequency variations. For instance, the European standard EN 61000-4-7 [1] defines the characteristics of an instrumentation device used for harmonic distortion measurement based on analog to digital conversion. This device includes a phase locked loop in order to adjust the sampling frequency dynamically but does not include any comment about the behaviour of the method used to compute the fundamental frequency.
The paper includes a review of the behaviour of frequency measurement under non-sinusoidal conditions from two points of view:
• Frequency measurement for power quality assessment according to EN 50160 [2] . This document defines the characteristics of the supplied voltage: frequency, magnitude variations, unbalance, harmonics, surges, etc.
• Frequency measurement as a reference for sampling control in analog to digital conversion. (e.g. EN 61000-4-7)
From the perspective of the type of algorithm used for frequency computation, there are several possibilities:
• Adaptive Kalman filtering methods.
• Zero-cross detection methods.
• Discrete Fourier Transform methods.
• FIR/IIR iterative methods.
• Other methods.
In order to evaluate the differences between the different methods, some algorithms have been implemented using a high performance microcontroller PIC 18F452 [3] from Microchip. The designed hardware includes a RS232 connection in order to send the computed data to a PC. Figure 1 shows the block diagram of the proposed system. An iterative algorithm based on FIR filter has showed a good behaviour under non-sinusoidal conditions [4] . The method is not dependent upon zero-crossing of the measured voltage or current. In addition it can compute the frequency after every sample. In addition, the method only needs a 3-cycles signal-window.
The accuracy of the computed frequency is better than 10 mHz for a nominal frequency of 50 Hz. This frequency meter is basically insensitive to steady state disturbances like harmonics or low frequency amplitude variations so it can be used as a reference method in order to obtain an accurate sampling frequency in harmonic meters
Frequency measurement under nonsinusoidal conditions
The above methods can be included in one of three main principles that support frequency measurement [5] :
• Period estimation based on the measurement of time interval between zero-crossing [6] .
• DFT based method, which uses interpolation in frequency domain [7, 8] .
• Orthogonal phasor decomposition with local determination of rotation speed [9] [10] [11] [12] .
The behaviour of each group of methods under non sinusoidal conditions depends on the kind of disturbance.
In general, zeros-crossing methods can be used with harmonic distortion, especially with high-order harmonics.
DFT methods have to be implemented as block algorithms so this kind of procedures needs from two to eight cycles to compute frequency.
Orthogonal phasor decomposition, like the zero-crossing method, belongs to the group of iterative filter methods.
All methods are sensitive to transient distortion such as sags, swells and impulses. On the other hand, they are rather insensitive to white noise and harmonic periodic distortion.
Frequency algorithm
The proposed algorithm is based on Sezi's method [4] . This algorithm uses phase angle and amplitude information in order to compute frequency. This method avoids waiting between zero-crossing. Figure 1 shows the block diagram of Sezi's method with the stages involved.
The sampled data [ ] The filter coefficients are included in Table I . [ ] Amplitude (dB) Figure 2 shows the amplitude versus frequency response of the bandpass filter.
The output of the bandpass filter B is connected in two different ways. The first one is an all-pass filter whereas the second is a low-pass filter. Equations (1) and (2) show the frequency transfer function of both filters,
where Ω is the normalized frequency, f actual frequency In fact, block C obtains a value proportional to the square of the signal amplitude. The proposed C block [13] differs from original Sezi's in some aspects: i) It is a IIR filter and ii) It has a reduced computational load. [ ]
The last block F performs the inverse of cosine function in order to obtain Ω from equation (7),
The actual frequency f can be directly obtained from expression (8),
Another advantage of Sezi's method is that frequency dependent errors are eliminated because all the computations are done using the same numerical process.
Instrumentation architecture
The algorithm has been implemented using a Microchip® microcontroller PIC 18F452 [3] . This microcontroller is a high performance RISC device with 32 kB (16.384 single-word instructions) on-chip program memory and a computation speed up to 10 MIPS with internal hardware multiplier. In spite of the fact that it has a lot of peripherals, it is important to highlight its eight 10 bits analog to digital converter. The hardware designed has some advantages from the point of view of the connexion with other instrumentation:
• It is extremely simple and cheaper. In fact, all the design can be reduced to the microcontroller without the LCD, keyboard and I/O serial port.
• The synchronization I/O port can be used as a trigger source for other power quality instruments or protection devices.
Test results
The implemented hardware has been putting to the test with an arbitrary programmable power supply in order to know the accuracy and time response. This programmable three phase source HP6834B [14] allows arbitrary waveforms to be generated with a maximum power of 1500 VA in every phase or 4500 VA in the case of one phase generation. The power supply is controlled using a PC and a GPIB link. This frequency meter has been tested with two kind of signals: i) sinusoidal and ii) non-sinusoidal. The time needed to reach the steady state is over three cycles but can be reduced if filter with shorter order are used.
The transient response showed in Figure 5 also appears when the main signal is disturbed with some disturbances like sags, swell and impulses. Figure 6 shows the transient response during a 50% sag.
Finally, the system was tested using a non-sinusoidal signal disturbed with harmonics of orders three (30 %) and five (20 %). Figure 7 shows the steady state response. 
Conclusions
It has been probed that the modified Sezi's method has a good response under both sinusoidal and non-sinusoidal conditions. The modification of the amplitude computation block C reduces the computational requirements. The overall system has been implemented in a real minimum hardware system based on a microcontroller. One of the major advantages of this method is that this algorithm calculates the system frequency after every data sampling with a reduced computational load. The initialization time is over three periods of 50 Hz (60 ms). The system exhibits some instability when the amplitude changes suddenly, as in sags and transients. 
